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ABSTRACT o

This paper proposes an MP-CELP (Multi-Pulse-based CELP) Input Speech |
speech coding at 4 kb/s. In MP-CELP, amplitudes or ;E;ysis
signs of multi-pulse excitation are simultaneously vector . .. . . /.. ..
quantized (VQ). In order to improve speech quality for Adzptive Codebiook !
background noise conditions, excitation signal is switched Mutile Dely
between voiced and unvoiced speech, and the number of . Location 1
pulse is greatly increased for unvoiced speech by restricting - Cangida‘&‘ @; 1
pulsg Iocatlong. Further, in o.rder to improve v_0|ced speech  [ocion loombiration LPC ¥ Waghing
quality, the optimal combination among adaptive codebook : |Geeror [ Search @’ D Fiter Y Filter
lag, pulse location, sign codevector and gain codevector is | | i / ! :
selected which minimizes distortion by employing delayed- | Locion | Amp.or o 1
decision search. The subjective evaluation results show =00 Sgn:B 1
that speech quality for 4 kb/s MP-CELP is close to that @ L————— S
for ITU-T G.723.1 (6.3 kb/s) and G.729 (8 kb/s) in M-IRS @ ... ... .. .. Steszr :
clean speech condition. For background noise conditions,
the introduction for the excitation switching and the pulse Figure 1: MP-CELP encoder operation principle.
location restriction significantly improves MOS value by
0.4. However, further improvement is still required, except
for interference talker condition.

1. INTRODUCTION vector quantized, and combination search between multiple

pulse location candidates and VQ codebook enhances per-

In beyond 2000, mobile multi-media communications ser- formance. Speech quality for 11 kb/s MP-CELP with 10 ms
vices are expected to be provided via IMT (International frame [3] is higher than that for G.728 (16 kb/s LD-CELP)
Mobile Telecommunication)-2000. In that services, high- [4], and the quality for 6.7 kb/s MP-CELP with 10 ms
quality speech communication which is as good as wire-line frame is equivalent to that of G.726 (32 kb/s ADPCM) [5].
quality and flexibility which can provide several kinds of However, the speech quality is rapidly degraded when the
source coding bit rates in accordance with transmission bit rate is below 6.7 kb/s.
channel capacity and bit error rates are very important
issues. This paper proposes 4 kb/s speech coding with 20 ms

Especially, the target in which high-quality speech frame, based on MP-CELP technique. In order to improve
should be provided at 4 kb/s with moderate coding delay speech quality for background noise conditions, excitation
under both clean speech and background noise conditionsignal is switched between voiced and unvoiced speech,
is very challenging. ITU-T is now requesting candidate and the number of pulse is greatly increased in unvoiced
speech coding algorithms at 4 kb/s which can meet high- speech by restricting pulse locations. Further, in order to
quality requirements [1]. improve voiced speech quality, the optimal combination

The authors have proposed MP-CELP ulitPulse- among adaptive codebook lag, pulse location, sign code-
based CELPspeech coding [2], [3]. In MP-CELP, ampli- vector and gain codevector is selected which minimizes
tudes or signs for multi-pulse excitation are simultaneously distortion, by employing delayed-decision search.
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Number of pulse location candidates
Figure 3: Blockdiagram for proposed excitation structure in
Figure 2: SNR,., vs. the number of pulse location 4 kb/s MP-CELP.
candidates in the combination search.

2. OVERVIEW OF MULTI-PULSE BASED CELP N,
> 100g10(GP)
The operation principle for MP-CELP encoder is shown in G = == 1)
Fig. 1. In this method, excitation signal is represented by N,

multl-pulse [6], [7]. The a_mplltudes or signs of all m.ult|— GP, and N, represent pitch prediction gain in theth
pulse in a sub-frame are simultaneously vector quantized to :

; o sub-frame, and the number of sub-frames in a frame, re-
improve the quantization performance [2], [3]. The pulse spectivel

locations are restricted based on the algebraic structure b P isy.calculate d using the following equations

whose concept is the same as that in G.729 [8] to reduce t 9 geq '
both transmission bit rate and location search complexity. N—1

Figure 2 shows the&SNR,., performance against the a2 (n)
number of the pulse location candidafésin the combina- ap, = =0 )
tion search, where sub-frame length is 5 ms and the number A
of pulse M is 7. The bit rate is 11 kb/s in this case. It is N-1 2
shown that the combination search impro#s R,., by No1 {Z T (1) 2w (0 — T)

0.8 dB compared to the method without the combination A = 22 (n) — n=0 (3)
search [¥,=1), when the amplitude codebook is used. In ne0
the case of sign CBSN R,., improvement of 0.6 dB is

achieved when the number of candidates is 16.

By using the sign CB, the excitation structure is similar T and z,,(n) show open-loop pitch lag and perceptually
to that of G.729 [8], because G.729 excitation is consideredweighted input speech signal, respectively.
to be without the combination search. Two modes such as voiced and unvoiced modes are
used in this study. Ten-th order filter LSP coefficients are
vector quantized after MA (moving average) prediction [9],
[10]. In adaptive codebook, lag is differentially encoded
3. 4 KB/S MP-CELP STRUCTURE [11] in the second sub-frame in voiced frames, because
lag is tempolarily correlated between sub-frames. On the
Figure 3 shows a blockdiagram of a proposed excitation other hand, lag is independently encoded in each sub-frame
structure for 4 kb/s MP-CELP encoder. Frame and sub-in unvoiced frames, because of less correlation between
frame length are 20 ms and 10 ms, respectively. Mode sub-frames.
decision is carried out in each frame using an average Excitation signal is switched between voiced and un-
open-loop pitch prediction gai@& over the frame. voiced frames based on mode information. In unvoiced




Table 1: SN R,., comparison at 4 kb/s Table 2: 4 kb/s MP-CELP simulation conditions

\ | SNR,.,(dB) | | Parameter | value |
Method 1| 12.50 Frame (ms) 20
Method 2| 12.50 Sub-Frame (ms) 10
Method 3| 12.73 LSP VQ (bits) 16
Mode (bit) 1

Method 1 does not use the excitation switching.

Method 2 introduces the proposed excitation switching and pulse
location restriction, but does not use the delayed-decision.
Method 3 combines the delayed-decison search with Method 2.

Adaptive CB (bits)
Adaptive CB (bits)

8 + 5 (Woiced Frames)
8 + 8 (Unvoiced Frames)

Number of Pulses

4 x 2 (Voiced Frames)

Number of Pulse
Sign CB (bits)
Pulse Location (bits
Pulse Location (bits
Gain CB (bits)

Gain CB (bits)
Total/Frame (bits)
Total/Frame (bits)

14 x 2 (Unvoiced Frames
4 x 2 (Voiced Frames)

14 x 2 (\wiced Frames)
17 x 2 (Unvoiced Frames
7 x 2 (Voiced Frames)

7 x 2 (Voiced Frames)

80 (Voiced Frames)
79 (Unvoiced Frames)

frames, the number of pulse is greatly increased by re-
stricting pulse locations, based on the method reported in
[5]. Instantaneous sign calculated from cross-correlation
between weighted input speech and impulse reponse of
weighted synthesis filter is used and transmitted as the sign
for each pulse. A combination search between multiple lo-
cation candidates and gain codebook is carried out to select
the optimal combination. In voiced frames, the combination

search is enhancepl o the search among_multiple adap_tiqul-lRS input filter, and performance for background noise
codehaoklag, multiple pulse location candidates, pulse SI9Nconditions with flat input filter (car, babble and interfer-

Eod?bookbgndt.galn Ec_)dhebqok IS carge ? otl.Jt to :Q’I_il.e ctthe %p'ence talker), respectively. The number of speech samples
imai combination which minimizes distortion. This searc (Japanese sentence-pair) is 8 in Experiment 1 and 12 in

I realizgd by utilizing delayed-decision [1,2]' . Experiment 2. Experiments 1 and 2 use ACR and DCR
Invoiced frames, the number of pulse in the sub-frame is o\ 51 ation methods, respectively. Two kinds of 4 kb/s MP-

4. The size of pulse sign codebook is 4 bits, and the numberCELP marked as Methods 1 and 3. which are the same as

of pulse location candidates in the combination search is 16'those in Table 1, are evaluated. Method 1 does not use the

In unvoiced frames, the number of pulse in the sub-frame is excitation switching. Method 3 employs both the proposed
excitation switching and the delayed-decision search. In

14.

Table 1 shows NV R,., performance comparison. Inthe  \jathod 3, the number of adaptive codebook lag candidates
Table, Method 1 does not employ excitation switching and 4 the number of pulse location candidates are 2 and 16,
always uses 4-pulse excitation even for unvoiced SpeeCh'respectively. ITU-T G. 726 ADPCM at 32 kb/s. G.729 and
Method 2 introduces the proposed excitation switching and 7231 at 6.3 kb/s are also evaluated as reference codecs.

pulse location restriction, but does not use the delayed-pgaqphone was used as listening device. Twelve Japanese
decision combination search. Method 3 combines thesubjects took part in these Experiments.

delayed-decison search with Method 2. The bit rate for all The results are shown in Figure 4. From the comparison

of those coders is 4 kb/s. Sixteen Japanese short sentences . . )
with flat input filter are used. From the TablNR.., %etween Methods 1 and 3 in Experiment 1, MOS value in

for Method 2 is the same as that for Method 1, and the Method 3 is improved by 0.3. This improvement is mainly

excitation switching does not improveN R,., for clean iujé(;;hti?ﬁggeg{ (éeglzsgori Z?aerghkbxe:;?jdc? ?ggeﬁg qga!try
speech, as is expected. Method 3 impro$e$R,., by : T : 9, owever,

0.23 dB by incorporating the delayed-decision search inthe qlallt_y doe not reach to that for G.726 at 32 kbis.
comparison with Method 2. In Experiment 2, _fro_m the comparison between Meth(_)ds
1 and 3, the excitation switching and the pulse location

restriction are effective for background noise conditions,
and the speech quality is improved by 0.4 in MOS value,
especially for car noise and babble noise conditions. The
4 kb/s MP-CELP speech quality is evaluated. Simulation results show that the speech quality for 4 kb/s MP-CELP
conditions and bit allocations are summarized in Table 2. (Method 3) is close to those of G.723.1 at 6.3 kb/s and
Two kinds of experiments were designed. Experiments G.729 for interference talker condition, however further
1 and 2 assess performance for clean speech conditions witimprovemt is still necessary for car noise and babble noise

4. SUBJECTIVE EVALUATION
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Figure 4: Subjective evaluation results.

conditions.

5. CONCLUSION

This paper proposes 4 kb/s MP-CELP speech coding. In
order to improve speech quality for background noise con-
ditions, excitation signal is switched between voiced and
unvoiced speech, and the number of pulse is greatly in-

creased for unvoiced speech by restricting pulse locations.

Further, in order to improve voiced speech quality, an

optimal combination among adaptive codebook lag, pulse
location, sign codevector and gain vector is selected which
minimizes distortion, by employing the delayed-decision

search. The speech quality for 4 kb/s MP-CELP (Method

3) is close to those for ITU-T G.723.1 at 6.3 kb/s and G.729
for M-IRS clean speech condition. The excitation switching

and pulse location restriction are effective for background
noise conditions, and MOS value is improved by 0.4 for car

and babble noise conditions. However, furtherimprovement
is still required, except for interference talker condition.
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